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ing. In particular, the present document relates to the detec-
tion of parametric frequency extension audio coding, such as
spectral band replication (SBR) or spectral extension (SPX),
from uncompressed waveforms such as PCM (pulse code
modulation) encoded waveforms. A method for detecting
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the time domain audio signal into a frequency domain,
thereby generating a plurality of subband signals in a corre-
sponding plurality of subbands comprising low and high fre-
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between subband signals in the low frequency subbands and
subband signals in the high frequency subbands; wherein the
degree of relationship is determined based on the plurality of
subband signals; and determining frequency extension cod-
ing history if the degree of relationship is greater than a
relationship threshold.
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METHOD, APPARATUS, AND MEDIUM FOR
DETECTING FREQUENCY EXTENSION
CODING IN THE CODING HISTORY OF AN
AUDIO SIGNAL

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application claims priority to U.S. Patent Provisional
Application No. 61/488,122, filed 19 May 2011, hereby
incorporated by reference in its entirety.

TECHNICAL FIELD

The present document relates to audio forensics, notably
the blind detection of traces of parametric audio encoding/
decoding in audio signals. In particular, the present document
relates to the detection of parametric frequency extension
audio coding, such as spectral band replication (SBR) or
spectral extension (SPX), and/or the detection of parametric
stereo coding from uncompressed waveforms such as PCM
(pulse code modulation) encoded waveforms.

BACKGROUND

HE-AAC (high efficiency-advanced audio coding) is an
efficient music audio codec at low and moderate bitrates (e.g.
24-96 kb/s for stereo content). In HE-AAC, the audio signal is
down-sampled by a factor of two and the resulting lowband
signal is AAC waveform coded. The removed high frequen-
cies are coded parametrically using SBR at low additional
bitrate (typically at 3 kb/s per audio channel). As a result, the
total bitrate can be reduced significantly compared to plain
AAC waveform coding across the full spectral band of the
audio signal.

The transmitted SBR parameters describe the way the
higher frequency bands are generated from the AAC decoded
low band output. This generation process of the high fre-
quency bands comprises a copy-and-paste or copy-up process
of patches from the lowband signal to the high frequency
bands. In HE-AAC a patch describes a group of adjacent
subbands that are copied-up to higher frequencies in order to
recreate high frequency content that was not AAC coded.
Typically 2-3 patches are applied dependent on the coding
bitrate conditions. Usually the patch parameters do not
change over time for one coding bitrate condition. However
the MPEG standard allows changing the patch parameters
over time. The spectral envelopes of the artificially generated
higher frequency bands are modified based on envelope
parameters which are transmitted within the encoded bit-
stream. As a result of the copy-up process and the envelope
adjustment, the characteristics of the original audio signal
may be perceptually maintained.

SBR coding may use other SBR parameters in order to
further adjust the signal in the extended frequency range, i.e.
to adjust the high-band signal, by noise and/or tone addition/
removal.

The present document provides means to evaluate if a PCM
audio signal has been coded (encoded and decoded) using
parametric frequency extension audio coding such as MPEG
SBR technology (e.g. using HE-AAC). In other words, the
present document provides means for analyzing a given audio
signal in the uncompressed domain and for determining if the
given audio signal had been previously submitted to paramet-
ric frequency extension audio coding. In yet other words,
given a (decoded) audio signal (e.g. in PCM format), it may
be desirable to know whether or not the audio signal had
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previously been encoded using a certain encoding/decoding
scheme. In particular, it may be desirable to know whether or
not the high-frequency spectral components of the audio sig-
nal were generated by a spectral bandwidth replication pro-
cess. In addition, it may be desirable to know if a stereo signal
was created based on a transmitted mono signal or if certain
time/frequency regions of a stereo signal originate from time/
frequency data of the same mono signal.

It should be noted that even though the methods outlined in
the present document are described in the context of audio
coding, they are applicable to any form of audio processing
that incorporates duplication of time/frequency data. In par-
ticular, the methods may be applied in the context of blind
SBR which is a special case in audio coding where no SBR
parameters are transmitted.

A possible use case may be the protection of SBR related
intellectual property rights, e.g. the monitoring of unautho-
rized usage of MPEG SBR technology or any other new
parametric frequency extension coding tool fundamentally
based on SBR e.g., Enhanced SBR (eSBR) in MPEG-D Uni-
versal Speech and Audio Codec (USAC). Furthermore, trans-
coding and/or re-encoding may be improved when no more
information other than the (decoded) PCM audio signal is
available. By way of example, if it is known that the high-
frequency spectral components of the decoded PCM audio
signal have been generated by a bandwidth extension process,
then this information could be used when re-encoding the
audio signal. In particular, the parameters (e.g. the cross-over
frequency and patch parameters) of the re-encoder could be
set such that the high-frequency spectral components are
SBR encoded, while the lowband signal is waveform
encoded. This would result in bit-rate savings compared to
plain waveform coding and higher quality bandwidth exten-
sion. Furthermore, knowledge regarding the encoding history
of a (decoded) audio signal could be used for quality assur-
ance of high bit-rate waveform encoded (e.g., AAC or Dolby
Digital) content. This could be achieved by making sure that
SBR coding or some other parametric coding scheme, which
is not a transparent coding method, was not applied to the
(decoded) audio signal in the past. In addition, the knowledge
regarding the encoding history could be the basis for a sound
quality assessment of the (decoded) audio signal, e.g. by
taking into account the number and size of SBR patches
detected within the (decoded) audio signal.

As such, the present document relates to the detection of
parametric audio coding schemes in PCM encoded wave-
forms. The detection may be carried out by the analysis of
repetitive patterns across frequency and/or audio channels.
Identified parametric coding schemes may be MPEG Spectral
Band Replication (SBR) in HE-AACv1 or v2, Parametric
Stereo (PS) in HE-AAVv2, Spectral Extension (SPX) in
Dolby Digital Plus and Coupling in Dolby Digital or Dolby
Digital Plus. Since the analysis may be based on signal phase
information, the proposed methods are robust against magni-
tude modifications as typically applied in parametric audio
coding. In SBR coding schemes high frequency content is
generated in the audio decoder by copying low frequency
subbands into higher frequency regions and by adjusting the
energy envelope in a perceptual sense. In parametric spatial
audio coding schemes (e.g. PS, Coupling) data in multiple
audio channels may be generated from transmitted data relat-
ing to only a single audio channel. The duplication of data
may be tracked back robustly from PCM waveforms by ana-
lyzing phase information in frequency subbands.

SUMMARY

According to an aspect, a method for detecting frequency
extension coding in the coding history of an audio signal, e.g.
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a time domain audio signal, is described. In other words, the
method described in the present document may be applied to
atime domain audio signal (e.g. a pulse code modulated audio
signal). The method may determine if the (time domain)
audio signal had been submitted to a frequency extension
encoding/decoding scheme in the past. Examples for such
frequency extension coding/decoding schemes are enabled in
HE-AAC and DD+ codecs.

The method may comprise transforming the time domain
audio signal into a frequency domain, thereby generating a
plurality of subband signals in a corresponding plurality of
subbands. Alternatively, the plurality of subband signals may
be provided, i.e. the method may obtain the plurality of sub-
band signals without having to apply the transform. The plu-
rality of subbands may comprise low and high frequency
subbands. For this purpose, the method may apply a time
domain to frequency domain transformation typically
employed in a sound encoder, such as a quadrature mirror
filter (QMF) bank, a modified discrete cosine transform, and/
or a fast Fourier transform. As a result of such transformation,
the plurality of subband signals may be obtained, wherein
each subband signal may correspond to a different excerpt of
the frequency spectrum of the audio signal, i.e. to a different
subband. In particular, the subband signals may be attributed
to low frequency subbands or alternatively high frequency
subbands. Subband signals of the plurality of subband signals
in a low frequency subband may comprise or may correspond
to frequencies at or below a cross-over frequency, whereas
subband signals of the plurality of subband signals in a high
frequency subband may comprise or may correspond to fre-
quencies above the cross-over frequency. In other words, the
cross-over frequency may be a frequency defined within a
frequency extension coder, whereas the frequency compo-
nents of the audio signal above the cross-over frequency are
generated from the frequency components of the audio signal
at or below the cross-over frequency.

As such, the plurality of subband signals may be generated
using a filter bank comprising a plurality of filters. For the
correct identification of the patch parameters of the frequency
extension scheme, the filter bank may have the same fre-
quency characteristics (e.g. same number of channels, same
center frequencies and bandwidths) as the filter bank used in
the decoder of the frequency extension coder (e.g. 64 oddly
stacked filters for HE-AAC and 256 oddly stacked filters for
DD+). For enhanced robustness of the patch analysis it may
be beneficial to minimize the leakage into adjacent bands by
increasing the stop band attenuation. This can be accom-
plished e.g. with a higher filter order compared to the original
filter bank (e.g. twice the filter order) used in the decoder. In
other words, in order to ensure a high degree of frequency
selectivity of the filter bank, each filter of the filter bank may
have a roll-off which exceeds a predetermined roll-off thresh-
old for frequencies lying within a stopband of the respective
filter. By way of example, instead of using filters having a stop
band attenuation of about 60 dB (as is the case for the filters
used in HE-AAC), the stop band attenuation of the filters used
for detecting audio extension coding may be increased to 70
or 80 dB, thereby increasing the detection performance. This
means that the roll-oft threshold may correspond to 70 or 80
dB attenuation. As such, it may be ensured that the filter bank
is sufficiently selective in order to isolate different frequency
components of the audio signal within different subband sig-
nals. A high degree of selectivity may be achieved by using
filters which comprise a minimum number of filter coeffi-
cients. By way of example, the filters of the plurality of filters
may comprise a number M of filter coefficients, wherein M
may be greater than 640.
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It should be noted that the audio signal may comprise a
plurality of audio channels, e.g. the audio signal may be a
stereo audio signal or a multi-channel audio signal such as a
5.1 or 7.1 audio signal. The method may be applied to one or
more of the audio channels. Alternatively or in addition, the
method may comprise the step of downmixing the plurality of
audio channels to determine a downmixed time domain audio
signal. As such, the method may be applied to the downmixed
time domain audio signal. In particular, the plurality of sub-
band signals may be generated from the downmixed time
domain audio signal.

The method may comprise determining a maximum fre-
quency of the audio signal. In other words, the method may
comprise the step of determining the bandwidth of the time
domain audio signal. The maximum frequency of the audio
signal may be determined by analyzing a power spectrum of
the audio signal in the frequency domain. The maximum
frequency may be determined such that for all frequencies
greater than the maximum frequency, the power spectrum is
below a power threshold. As a consequence of the determi-
nation of the bandwidth of the audio signal, the method for
detection coding history may be limited to the frequency
spectrum of the audio signal up to the maximum frequency.
As such, the plurality of subband signals may only comprise
frequencies at or below the maximum frequency.

The method may comprise determining a degree of rela-
tionship between subband signals in the low frequency sub-
bands and subband signals in the high frequency subbands.
The degree of relationship may be determined based on the
plurality of subband signals. By way of example, the degree
of relationship may indicate a similarity between a group of
subband signals in the low frequency subbands and a group of
subband signals in the high frequency subbands. Such a
degree of relationship may be determined through analysis of
the audio signal and/or through use of a probabilistic model
derived from a training set of audio signals with a frequency
extension coding history.

It should be noted that the plurality of subband signals may
be complex-valued, i.e. the plurality of subband signals may
correspond to a plurality of complex subband signals. As
such, the plurality of subband signals may comprise a corre-
sponding plurality of phase signals and/or a corresponding
plurality of magnitude signals, respectively. In such cases, the
degree of relationship may be determined based on the plu-
rality of phase signals. In addition, the degree of relationship
may not be determined based on the plurality of magnitude
signals. It has been found that for parametric coding schemes
it is beneficial to analyze phase signals. Furthermore, com-
plex waveform signals give useful information. In particular
the information gained from complex and phase data may be
used in combination to increase robustness of the detection
scheme. This is notably the case where the parametric coding
scheme involves a copy-up process of magnitude data along
frequency (such as in a modulation spectrum codec).

Furthermore, the step of determining a degree of relation-
ship may comprise determining a group of subband signals in
the high frequency subbands which has been generated from
a group of subband signals in the low frequency subbands.
Such a group of subband signals may comprise subband
signals from successive subbands, i.e. directly adjacent sub-
bands.

The method may comprise determining frequency exten-
sion coding history if the degree of relationship is greater than
a relationship threshold. The relationship threshold may be
determined experimentally. In particular, the relationship
threshold may be determined from a set of audio signals with
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a frequency extension coding history and/or a further set of
audio signals with no frequency extension coding history.

The step of determining a degree of relationship may com-
prise determining a set of cross-correlation values between
the pluralities of subband signals. A correlation value
between a first and a second subband signal may be deter-
mined as an average over time of products of corresponding
samples of the first and second subband signals at a pre-
determined time lag. The pre-determined time lag may be
zero. In other words, corresponding samples of the first and
second subband signals at a given time instant (and at the
pre-determined time lag) may be multiplied, thereby yielding
a multiplication result at the given time instant. The multipli-
cation results may be averaged over a certain time interval,
thereby yielding an averaged multiplication result which may
be used for determining a cross-correlation value.

It should be noted that in case of multi-channel signals (e.g.
stereo or 5.1/7.1 signals), the multi-channel signal may be
downmixed and the set of cross-correlation values may be
determined on the downmixed audio signal. Alternatively,
different sets of cross-correlation values may be determined
for some or all channels of the multi-channel signal. The
different sets of cross-correlation values may be averaged to
determine an average set of cross-correlation values which
may be used for the detection of copy-up patches. In particu-
lar, the plurality of subband signals may comprise K subband
signals, K>0 (e.g. K>1, K smaller or equal to 64). The param-
eter K may be equal to the number of channels as used in the
decoder of the frequency extension codec to generate the
missing high frequency subbands. For the mere detection of
spectral extension 64 bands may be sufficient (frequency
patches are typically wider than the bandwidths in the 64
channels case). For correct patch identification of SPX in
DD+ an increased number K of subbbands may be used (e.g.
K=256). As such, the set of cross-correlation values may
comprise (K-1)! cross-correlation values corresponding to
all combinations of different subband signals from the plu-
rality of subband signals. The step of determining frequency
extension coding history in the audio signal may comprise
determining that at least one maximum cross-correlation
value from the set of cross-correlation values exceeds the
relationship threshold.

It should be noted that the analysis methods outlined in the
present document may be performed in a time dependent
manner. As indicated above, frequency extension codecs typi-
cally use time-independent patch parameters. However, the
frequency extension codecs may be configured to change
patch parameters over time. This may be taken into account
by analyzing windows of the audio signal. The windows of
the audio signals may have a predetermined length (e.g. 10-20
seconds or shorter). In case of patch parameters which do not
change over time, the robustness of the analysis methods
described in the present document may be increased by aver-
aging the set of cross-correlation values obtained for different
windows of the audio signal. In order to decrease the com-
plexity of the analysis methods, the different windows of the
audio signal (i.e. different segments of the audio signal) may
be averaged prior to determining the set of cross-correlation
values based on the averaged windows of the audio signal.

The set of cross-correlation values may be arranged in a
symmetrical KX K correlation matrix. The main diagonal of
the correlation matrix may have arbitrary values, e.g. values
corresponding to zero or value corresponding to auto-corre-
lation values for the plurality of subband signals. The corre-
lation matrix may be considered as an image from which
particular structures or patterns may be determined. These
patterns may provide an indication on the degree of relation-
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ship between the pluralities of subband signals. In view of the
fact that the correlation matrix is symmetrical, only one “tri-
angle” of the correlation matrix (either below or above the
main diagonal) may need to be analyzed. As such, the method
steps described in the present document may only be applied
to one such “triangle” of the correlation matrix.

As indicated above, the correlation matrix may be consid-
ered as an image comprising patterns which indicate a rela-
tionship between low frequency subbands and high frequency
subbands. The patterns to be detected may be diagonals of
locally increased correlation parallel to the main diagonal of
the correlation matrix. Line enhancement schemes may be
applied to the correlation matrix (or a tilted version of the
correlation matrix, wherein the correlation matrix may be
tilted such that the diagonal structures turn into vertical or
horizontal structures) in order to emphasize one or more such
diagonals of local maximum cross-correlation values in the
correlation matrix. An example line enhancement scheme
may comprise convolving the correlation matrix with an
enhancement matrix

2 -1 -1
r=2|-1 2 -1,
-1 -1 2

thereby yielding an enhanced correlation matrix. If line
enhancement or any other pattern enhancement technique is
applied, the step of determining frequency extension coding
history may comprise determining that at least one maximum
cross-correlation value from the enhanced correlation matrix,
excluding the main diagonal, exceeds the relationship thresh-
old. In other words, the determination of the degree of rela-
tionship may be based on the enhanced correlation matrix
(and the enhanced set of cross-correlation values).

The method may be configured to determine particular
parameters of the frequency extension coding scheme which
had been applied to the time domain audio signal. Such
parameters may e.g. be parameters relating to the subband
copy-up process of the frequency extension coding scheme.
In particular, it may be determined which subband signals in
the low frequency subbands (the source subbands) had been
copied up to subband signals in the high frequency subbands
(the target subbands). This information may be referred to as
patching information and it may be determined from diago-
nals of local maximum cross-correlation values within the
correlation matrix.

As such, the method may comprise analyzing the correla-
tion matrix to detect one or more diagonals oflocal maximum
cross-correlation values. In order to detect such one or more
diagonals, one or more of the following criteria may be
applied: A diagonal of local maximum cross-correlation val-
ues may not lie on the main diagonal of the correlation matrix;
and/or a diagonal of local maximum cross-correlation values
may or should comprise more than one local maximum cross-
correlation values, wherein each of the more than one local
maximum cross-correlation values exceeds a minimum cor-
relation threshold. The minimum correlation threshold is
typically smaller than the relationship threshold.

A diagonal may be detected if the more than one local
maximum cross-correlation values are arranged in a diagonal
manner parallel to the main diagonal of the correlation
matrix; and/or if for each of the more than one local maximum
cross-correlation values in a given row of the correlation
matrix, a cross-correlation value in the same row and a
directly adjacent left side column is at or below the minimum
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correlation threshold and/or if a cross-correlation value in the
same row and a directly adjacent right side column is at or
below the minimum correlation threshold.

As outlined above, the analysis of the correlation matrix
may be limited to only one “triangle” of the correlation
matrix. It may occur that more than one diagonal of local
maximum cross-correlation values are detected either above
or below the main diagonal. This may be an indication that a
plurality of copy-up patches had been applied within the
frequency extension coding scheme. On the other hand, if
more than two diagonals of local maximum cross-correlation
values are detected, at least one of the more than two diago-
nals may indicate correlations between copy-up patches.
Such diagonals do not indicate a copy-up patch and should be
identified. Such inter-patch correlations may be employed to
improve robustness of the detection scheme.

The correlation matrix may be arranged such that a row of
the correlation matrix indicates a source subband and a col-
umn of the correlation matrix indicates a target subband. It
should be noted that the arrangement with columns of the
correlation matrix indicating the source subbands and rows of
the correlation matrix indicating the target subbands is
equally possible. In this case, the method may be applied by
exchanging “rows” and “columns”

In order to isolate appropriate copy-up patches, the method
may comprise detecting at least two redundant diagonals
having local maximum cross-correlation values for the same
source subband of the correlation matrix. The diagonal of the
at least two redundant diagonals having the respective lowest
target subbands may be identified as an authentic copy-up
patch from a plurality of source subbands to a plurality of
target subbands. The other diagonal(s) may indicate a corre-
lation between different copy-up patches.

Having identified the copy-up diagonal(s), the pairs of
source and target subbands of the diagonal indicate the low
frequency subbands which have been copied up to high fre-
quency subbands.

It may be observed that the edges of the copy-up diagonals
(i.e. their start and/or end points) have a reduced maximum
cross-correlation value with regards to the other correlation
points of the diagonal. This may be due to the fact that the
transform which was used to determine the plurality of sub-
band signals has a different frequency resolution than the
transform which was used within the frequency extension
coding scheme applied to the time domain audio signal. As
such, the detection of “weak” edges of the diagonal may
indicate a mismatch of the filter bank characteristics (e.g. a
mismatch of the number of subbands, a mismatch of the
center frequencies, and/or a mismatch of the bandwidth of the
subbands) and therefore may provide information on the type
of frequency extension coding scheme which had been
applied to the time domain audio signal.

In order to exploit the above mentioned observation, the
method may comprise the step of detecting that local maxi-
mum cross-correlation values of a detected diagonal at a start
and/or an end of the detected diagonal are below a blurring
threshold. The blurring threshold is typically higher than the
minimum correlation threshold. The method may proceed in
comparing parameters of the transform step with parameters
of transform steps used for a plurality of frequency extension
coding schemes. In particular, the transformation orders (i.e.
the number of subbands) may be compared. Based on the
comparing step the frequency extension coding scheme,
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which has been applied to the audio signal, may be deter-
mined from the plurality of frequency extension coding
schemes. By way of example, when using a filter bank with a
high number of subbands (or channels) and if a patch border
does not fall exactly on the grid of the filter bank used in
HE-AAC, it can be concluded that the frequency extension
coding scheme is not HE-AAC.

The correlation matrix may be analyzed, in order to detect
a particular decoding mode applied by the frequency exten-
sion coding scheme. This applies e.g. to HE-AAC which
allows for low power (LP) or High Quality (HQ) decoding.
For this purpose, various correlation thresholds may be
defined. In particular, it may be determined that the maximum
cross-correlation value from the set of cross-correlation val-
ues is either below or above a decoding mode threshold,
thereby detecting a decoding mode of a frequency extension
coding scheme applied to the audio signal. The decoding
mode threshold may be greater than the minimum correlation
threshold. Furthermore, the decoding mode threshold may be
greater than the relationship threshold. In the case of LP or
HQ decoding, L.P decoding may be detected if the maximum
cross-correlation value is below the decoding mode threshold
(but above the relationship threshold). HQ decoding may be
detected if the maximum cross-correlation value is above the
decoding mode threshold.

As indicated above, the degree of relationship between
subband signals in low frequency subbands and subband sig-
nals in high frequency subbands may involve the usage of a
probabilistic model. As such, the method may comprise the
step of providing a probabilistic model determined from a set
of training vectors derived from training audio signals with a
frequency extension coding history. The probabilistic model
may describe a probabilistic relationship between vectors in a
vector space spanned by the plurality of high frequency sub-
bands and the low frequency subbands. Assuming that the
plurality of subbands comprises K subbands, the vector space
may have a dimension of K. Alternatively or in addition, the
probabilistic model may describe a probabilistic relationship
between vectors in a vector space spanned by the plurality of
subbands and the low frequency subbands. Assuming that the
plurality of subbands comprises K subbands of which K, are
low frequency subbands, the vector space may have a dimen-
sion of K+K;. In the following the latter probabilistic model is
described in further detail. However, the method is equally
applicable for the first probabilistic model.

The probabilistic model may be a Gaussian Mixture
Model. In particular, the probabilistic model may comprise a
plurality of mixture components, each mixture component
having a mean vector | in the vector space and a covariance
matrix C in the vector space. The mean vector 1, of an i”
mixture component may represent a centroid of a cluster in
the vector space; and the covariance matrix C, of the i” mix-
ture component may represent a correlation between the dif-
ferent dimensions in the vector space. The mean vectors |,
and the covariance matrices C,, i.e. the parameters of the
probabilistic model, may be determined using a set of training
vectors in the vector space, wherein the training vectors may
be determined from a set of training audio signals with a
frequency extension coding history.

The method may comprise the step of providing an esti-
mate of the plurality of subband signals given the subband
signals in the low frequency subband. The estimate may be
determined based on the probabilistic model. In particular,
the estimate may be determined based on the mean vectors |1,
and the covariance matrices C, of the probabilistic model.
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Even more particularly, the estimate may be determined as

Q
F) =Ely | x]= Y k@ + e -,

i=1

with E[ylx] being the estimate of the plurality of subband
signals y given the subband signals x in the low frequency
subbands, with h,(x) indicating a relevance of the i mixture
component of the Gaussian Mixture Model given the subband
signals x, with 1" being a component of the mean vector |,
corresponding to the subspace of the plurality of subbands,
with 11* being a component of the mean vector 1, correspond-
ing to the subspace of the low frequency subbands, with Q
being the number of components of the Gaussian Mixture
Model, and with C/* and C,* being sub-matrices from the
covariance matrix C,.

The relevance indicator h,(x) may be determined as the
probability that subband signals x in the low frequency sub-
bands fall within the i mixture component of the Gaussian
Mixture Model, i.e. as

@i ! T oe—L
Wexp[—z(X—ﬂ;) G (X—MY)]
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E @ L e «
(27r)”/2|CX-X|1/2eXp[_z(x_ﬂj)ch I(X—ﬂj)]
Jj
=

hi(x) =

Q2
with Zw; =1,a 20.
i=1

Having provided an estimate, a degree of relationship may be
determined based on an estimation error derived from the
estimate of the plurality of subband signals and the plurality
of subband signals. The estimation error may be a mean
square error.

The audio signal may be a multi-channel signal, e.g. com-
prising a first and a second channel. The first and second
channels may be left and right channels, respectively. In this
case, it may be desirable to determine particular parametric
encoding schemes applied on the multi-channel signals, such
as MPEG parametric stereo encoding or coupling as used by
DD(+) (or MPEG intensity stereo). This information may be
detected from the plurality of subband signals of the first and
second channels. In order to determine the plurality of sub-
band signals of the first and second channels, the method may
comprise transforming the first and the second channels into
the frequency domain, thereby generating a plurality of first
subband signals and a plurality of second subband signal. The
first and second subband signals may be complex-valued and
may comprise first and second phase signals, respectively.
Consequently, a plurality of phase difference subband signals
may be determined as the difference of corresponding first
and second subband signals.

The method may proceed in determining a plurality of
phase difference values, wherein each phase difference value
may be determined as an average over time of samples of the
corresponding phase difference subband signal. Parametric
stereo encoding in the coding history of the audio signal may
be determined by detecting a periodic structure within the
plurality of phase difference values. In particular, the periodic
structure may comprise an oscillation of phase difference
values of adjacent subbands between positive and negative
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phase difference values, wherein a magnitude of the oscillat-
ing phase difference values exceeds an oscillation threshold.

In order to detect coupling of the first and second channel
or coupling between multiple channels in the case of general
multi-channel signals, the method may comprise the step of
determining, for each phase diftference subband signal, a frac-
tion of samples having a phase difference smaller than a phase
difference threshold. Coupling of the first and second channel
in the coding history of the audio signal may be determined
when detecting that the fraction exceeds a fraction threshold,
in particular for subband signals in the high frequency sub-
bands.

According to another aspect, a method for detecting the use
of a parametric audio coding tool (e.g. parametric stereo
coding or coupling) in the coding history of an audio signal is
described. The audio signal may be a multi-channel signal
comprising a first and a second channel, e.g. comprising a left
and a right channel. The method may comprise the step of
providing a plurality of first subband signals and a plurality of
second subband signals. The plurality of first subband signals
may correspond to a time/frequency domain representation of
the first channel of the multi-channel signal. The plurality of
second subband signals may correspond to a time/frequency
domain representation of the second channel of the multi-
channel signal. As such, the plurality of first and second
subband signals may have been generated using a time
domain to frequency domain transform (e.g. a QMF). The
plurality of first and second subband signals may be complex-
valued and may comprise a plurality of first and second phase
signals, respectively.

The method may comprise the step of determining a plu-
rality of phase difference subband signals as the difference of
corresponding first and second phase signals from the plural-
ity of first and second phase signals. The use of a parametric
audio coding tool in the coding history of the audio signal
may be detected from the plurality of phase difference sub-
band signals.

In particular, the method may comprise the step of deter-
mining a plurality of phase difference values, wherein each
phase difference value may be determined as an average over
time of samples of the corresponding phase difference sub-
band signal. Parametric stereo encoding in

the coding history of the audio signal may be detected by
detecting a periodic structure within the plurality of phase
difference values.

Alternatively or in addition, the method may comprise the
step of determining, for each phase difference subband signal,
afraction of samples having a phase difference smaller than a
phase difference threshold. A coupling of the first and second
channel in the coding history of the audio signal may be
detected by

detecting that the fraction exceeds a fraction threshold for
subband signals at frequencies above a cross-over frequency
(also referred to as the coupling start frequency in the context
of coupling), e.g. for the subband signals in the high fre-
quency subbands.

According to a further aspect, a software program is
described, which is adapted for execution on a processor and
for performing the method steps outlined in the present docu-
ment when carried out on a computing device.

According to another aspect, a storage medium is
described, which comprises a software program adapted for
execution on a processor and for performing the method steps
outlined in the present document when carried out on a com-
puting device.
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According to another aspect, a computer program product
is described which comprises executable instructions for per-
forming the method outlined in the present document when
executed on a computer.

It should be noted that the methods and systems including
its preferred embodiments as outlined in the present docu-
ment may be used stand-alone or in combination with the
other methods and systems disclosed in this document. Fur-
thermore, all aspects of the methods and systems outlined in
the present document may be arbitrarily combined. In par-
ticular, the features of the claims may be combined with one
another in an arbitrary manner.

BRIEF DESCRIPTION OF THE FIGURES

The invention is explained below in an exemplary manner
with reference to the accompanying drawings, wherein

FIGS. 1a-1fillustrates an example correlation based analy-
sis using magnitude, complex and/or phase data;

FIGS. 2a, 2b, 2¢ and 2d show example maximum cross-
correlation values and probability density functions based on
complex and phase-only data;

FIG. 3 illustrates example frequency responses of proto-
type filters which may be used for the correlation based analy-
sis;

FIGS. 4a and 45 illustrate a comparison between example
similarity matrices determined using different analysis filter
banks;

FIG. 5 shows example maximum cross-correlation values
determined using different analysis filter banks;

FIGS. 6a, 656 and 6¢ show example probability density
functions determined using different analysis filter banks;

FIG. 7 illustrates example skewed similarity matrices used
for patch detection;

FIG. 8 shows an example similarity matrix for HE-AAC
re-encoded data according to coding condition 6 of Table 1;

FIG. 9 illustrates an example similarity matrix for DD+
encoded data with SPX; and

FIGS. 10a and 105 illustrate example phase difference
graphs used for parametric stereo and coupling detection.

DETAILED DESCRIPTION

As has been outlined above, in MPEG SBR encoding an
audio signal is waveform encoded at a reduced sample-rate
and bandwidth. The missing higher frequencies are recon-
structed in the decoder by copying low frequency parts to high
frequency parts using transmitted side information. The
transmitted side information (e.g. spectral envelope param-
eters, noise parameters, tone addition/removal parameters) is
applied to the patches from the lowband signal, wherein the
patches have been copied-up or transposed to higher frequen-
cies. As a result of this copy-up process, there should be
correlations between certain spectral portions of the lowband
signal and copied-up spectral portions of the highband signal.
These correlations could be the basis for detecting spectral
band replication based encoding within a decoded audio sig-
nal.

The correlation between spectral portions of the lowband
signal and spectral portions of the highband signal may have
been reduced or removed by the application of the side infor-
mation, i.e. the SBR parameters, onto the copied-up patches.
However, it has been observed that the application of SBR
parameters onto the copied-up patches does not significantly
affect the phase characteristics of the copied-up patches (i.e.
the phases of the complex valued subband coefficients). In
other words, the phase characteristics of copied-up low fre-
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quency bands are largely preserved in the higher frequency
bands. The extent of preservation typically depends on the
bitrate of the encoded signal and on the characteristics of the
encoded audio signal. As such, the correlation of phase data in
the spectral portions of the (decoded) audio signal can be used
to trace back the frequency patching operations performed in
the context of SBR encoding.

In the following, several correlation based analysis meth-
ods of PCM waveforms are described. These methods may be
used to detect remnants of audio coding employing paramet-
ric frequency extension tools such as SBR in MPEG HE-AAC
or SPX in Dolby Digital Plus (DD+). In addition, particular
parameters, specifically the patching information of the fre-
quency extension process may be extracted. This information
may be useful for an efficient re-encoding. Moreover addi-
tional measures are described that indicate the presence of
MPEG Parametric Stereo (PS) as used in HE-AACv2 and the
presence of Coupling as used in DD(+).

It should be noted that the basic principle of bandwidth
extension as used in DD+ is similar to MPEG SBR. Conse-
quently, the analysis techniques outlined in this document in
the context of MPEG SBR encoded audio signals are equally
applicable to audio signals which had previously been DD+
encoded. This means that even though the analysis methods
are outlined in the context of HE-AAC, the methods are also
applicable to other bandwidth extension based encoders such
as DD+.

The audio signal analysis methods should be able to oper-
ate for the various operation modes of the audio encoders/
decoders. Furthermore, the analysis methods should be able
to distinguish between these different operation modes. By
way of example, HE-AAC codecs make use of two different
HE-AAC decoding modes: High Quality (HQ) and Low
Power (LP) decoding. In the L.P mode, the decoder complex-
ity is reduced by using a real valued critically sampled filter
bank compared to a complex oversampled filter bank used in
the HQ mode. Usually small inaudible aliasing products may
be present in audio signals which have been decoded using
the LP mode. These aliasing products may affect the audio
quality and it is therefore desirable to detect the decoding
mode which has been used to decode the analyzed PCM audio
signal. In a similar manner, different decoding modes or
complexity modes should also be identified in other fre-
quency extension codecs such as USAC based on SBR.

For HE-AACv2, which applies PS (parametric stereo), the
decoder typically uses the HQ mode. PS enables an improved
audio quality at low bitrates such as 20-32 kb/s, however, it
cannot usually compete with the stereo quality of HE-AACv1
athigher bitrates such as 64 kb/s. HE-AACv1 is most efficient
at bitrates between 32 and 96 kb/s, however, it is not trans-
parent for higher bitrates. In other words, PS (HE-AACv2) at
64 kb/s typically provides a worse audio quality than HE-
AACv] at 64 kb/s. On the other hand, PS at 32 kb/s will
usually be only slightly worse than HE-AACv1 at 64 kb/s but
much better than HE-AACv1 at 32 kb/s. Therefore knowl-
edge about the actual coding conditions may be a useful
indicator to provide a rough audio quality assessment of the
(decoded) audio signal.

Coupling as used e.g. in Dolby Digital (DD) and DD+
makes use of the hearing phase insensitivity at high frequen-
cies. Conceptually, coupling is related to the MPEG Intensity
Stereo (IS) tool, where only a single audio channel (or the
coefficients related to the scale factor band of only one audio
channel) is transmitted in the bitstream along with inter chan-
nel level difference parameters. Due to time/frequency shar-
ing of these parameters, the bitrate of the encoded bitstream
can be reduced significantly especially for multi-channel
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audio. As such, the frequency bins of the reconstructed audio
channels are correlated for shared side level information, and
this information could be used in order to detect an audio
codec making use of coupling.

In a first approach, the (decoded) audio signal, e.g. the
PCM waveform signal, may be transformed into the time/
frequency domain using an analysis filter bank. In an embodi-
ment, the analysis filter bank is the same analysis filter bank
asusedinan HE-AAC encoder. By way of example, a 64 band
complex valued filter bank (which is oversampled by a factor
of two) may be used to transform the audio signal into the
time/frequency domain. In case of a multi-channel audio
signal, the plurality of channels may be downmixed prior to
the filter bank analysis, in order to yield a downmixed audio
signal. As such, the filter bank analysis (e.g. using a QMF
filter bank) may be performed on the downmixed audio sig-
nal. Alternatively, the filter bank analysis may be performed
on some or all of the plurality of channels.

As aresult ofthe filter bank analysis, a plurality of complex
subband signals is obtained for the plurality of filter bank
subbands. This plurality of complex subband signals may be
the basis for the analysis of the audio signal. In particular, the
phase angles of the plurality of complex subband signals or
the plurality of complex QMF bins may be determined.

Furthermore, the bandwidth of the audio signal may be
determined from the plurality of complex subband signals
using power spectrum analysis. By way of example, the aver-
age energy within each subband may be determined. Subse-
quently, the cutoff subband may be determined as the sub-
band for which all subbands at higher frequencies have an
average energy below a pre-determined energy threshold
value. This will provide a measure of the bandwidth of the
audio signal. Furthermore, the analysis of the correlation
between the subbands of the audio signal may be limited to
subbands having frequencies with the cutoff subband or
below (as will be described below).

In addition, the cross-correlation at zero lag between all
QMF bands over the analysis time range may be determined,
thereby providing a self-similarity matrix. In other words, the
cross-correlation (at a time lag of zero) between all pairs of
subband signals may be determined. This results in a sym-
metrical self-similarity matrix, e.g. in a 64x64 matrix in case
of 64 QMF bands. This self-similarity matrix may be used to
detect repeating structures in the frequency-domain. In par-
ticular, a maximum correlation value (or a plurality of maxi-
mum correlation values) within the self-similarity matrix
may be used to detect spectral band replication within the
audio signal. For the determination of the one or more maxi-
mum correlation values, auto-correlation values within the
main diagonal should be excluded (as the auto-correlation
values do not provide an indication of the correlation between
different subbands). Furthermore, the determination of the
maximum value could be limited to the limits of the previ-
ously determined audio bandwidth, i.e. the determination of
the self-similarity matrix may be limited to the cutoff subband
and the subbands at lower frequencies.

It should be noted that in case of multi-channel audio
signals, the above procedure can be applied to all channels of
the multi-channel audio signal independently. In this case, a
self-similarity matrix could be determined for each channel
of the multi-channel signal. The maximum correlation value
across all audio channels could be taken as an indicator for the
presence of SBR based encoding within the multi-channel
audio signal. In particular, if the maximum cross-correlation
value exceeds a pre-determined correlation threshold, the
waveform signal may be classified as coded by a frequency
extension tool.
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It should be noted that the above procedure may also be
based on the complex or the magnitude QMF data (as
opposed to the phase angle QMF data). However, since in
frequency extension coding, the magnitude envelopes of the
patched lowband signals are modified in accordance to the
original high frequency data, a reduced correlation may be
expected when basing the analysis on magnitude data.

In FIGS. 1a-1f; self-similarity matrices are examined for
an audio signal which had been submitted to HE-AAC (left
column) and plain AAC (right column) codecs. All images are
scaled between 0 and 1, where 1 corresponds to black and 0 to
white. The x and y axis of the matrices in FIG. 1 correspond
to the subband indices. The main diagonals in these images
correspond to the auto-correlation of the particular QMF
band. The maximum analyzed QMF band corresponds to the
estimated audio bandwidth which is typically higher for the
HE-AAC condition than for the plain AAC condition. In other
words, the bandwidth or cut-off frequency of the (decoded)
audio signal may be estimated, e.g. based on power spectral
analysis. Spectral bands of the audio signal which are above
the cut-off frequency will typically comprise a large amount
of noise, so that cross-correlation coefficients for spectral
bands which are above the cut-off frequency will typically not
yield sensible results. In the illustrated examples, 62 out of 64
QMF bands are analyzed for the HE-AAC encoded signal,
wherein 50 out of 64 QMF bands are analyzed for the AAC
encoded signal.

Lines of high correlation which run parallel to the main
diagonal indicate a high degree of correlation or similarity
between QMF bands and therefore potentially indicate fre-
quency patches. The presence of these lines implies that a
frequency extension tool has been applied to the (decoded)
audio signal.

In FIGS. 1a-1b, self-similarity matrices 100, 101 are illus-
trated which have been determined based on magnitude infor-
mation of the complex QMF subband signals. It can be seen
that an analysis which is only based on the magnitude of the
QMF subbands results in correlation coefficients having a
relatively small dynamic range (in other words, images with
low contrast). Consequently, a magnitude-only analysis may
not be well suited for a robust frequency extension analysis.
Nevertheless, the HE-AAC patch information (illustrated by
diagonals along the sides of the center diagonal) is visible
when determining the self-similarity matrix using only the
magnitude of the QMF subbands.

It can be seen that the dynamic range for a phase based
analysis (middle row of FIGS. 1¢-14d) is higher and thus better
suited for the analysis of frequency extension. In particular,
the phase-only based self-similarity matrices 110 and 111 are
shown for HE-AAC and AAC encoded audio signals, respec-
tively. The main diagonal 115 indicates the auto-correlation
coefficients of the phase values of the QMF subbands. Fur-
thermore, diagonals 112 and 113 indicate an increased cor-
relation between lowbands with subband indices in the range
of'11 to 28 and highbands with indices in the range 0f 29 to 46
and 47 to 60, respectively. The diagonals 112 and 113 indi-
cates a copy-up patch from the lowbands with indices of
approx. 11 to 28 to the highbands with indices of approx. 29
to 46 (reference numeral 112), as well as a copy-up patch
from the lowbands with indices of approx. 15 to 28 to the
highbands with indices of approx. 47 to 60 (reference
numeral 113). It should be noted, however, that the correla-
tion values of the second HE-AAC patch 113 are relatively
weak. Furthermore, it should be noted that the diagonal 114
does not identify a copy-up patch within the audio signal. The
diagonal 114 rather illustrates the similarity or correlation
between the two copy-up patches 112 and 113.
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The self-similarity matrices 120, 121 in FIGS. 1d-1e have
been determined using the complex QMF subband data (i.e.
magnitude and phase information). It can be observed that all
HE-AAC patches are clearly visible, however, the lines indi-
cating high correlation are slightly less sharp and the overall
dynamic range smaller than in the phase-only based analysis
shown in matrices 110, 111.

For further evaluation of the above described analysis
method, the maximum cross-correlation value derived from
the self-similarity matrices 110, 111, 120, 121 has been plot-
ted for 160 music files and 13 different coding conditions. The
13 different coding conditions comprise coders with and
without parametric frequency extension (SBR/SPX) tools as
listed in Table 1.

TABLE 1
Bitrate Codec(s)
64 kb/s HE-AACv] (HQ)
64 kb/s HE-AACv1 (LP)
48 kb/s HE-AACv] (HQ)
48 kb/s HE-AACv1 (LP)
32 kb/s HE-AACV2
64 kb/s + 192 kb/s HE-AACv] (HQ) + AAC-LC
48 kb/s + 192 kb/s HE-AACv] (HQ) + AAC-LC
32 kb/s + 192 kb/s HE-AACV2 + AAC-LC
192 kb/s AAC-LC
0 96 kb/s AAC-LC
1 128 kb/s DD+ (no SPX, no Coupling)
2 128 kb/s DD+ (with SPX)
3 128 kb/s DD+ (with Coupling)

Table 1 shows the different coding conditions which have
been analyzed. It has been observed that copy-up patches and
thus frequency extension based coding can be detected with a
reasonable degree of certainty. This can also be seen in FIGS.
2a and 2d, where the maximum correlation values 200, 220
and probability density functions 210, 230 are illustrated for
the audio conditions 1 to 13 listed in Table 1. The overall
detection reliability of the use of parametric frequency exten-
sion coding is close to 100% when appropriately choosing a
detection threshold as shown in the context of FIGS. 55 and
6b.

The analysis results shown in FIGS. 2a-25 are based on the
complex subband data (i.e. phase and magnitude), whereas
the analysis results shown in FIG. 2¢-2d are based on only on
the phase of the QMF subbands. It can be seen from the
diagram 200 that audio signals which had been submitted to
an parametric frequency extension based encoding (SBR or
SPX) scheme (codecs Nr. 1 to 8, and Nr. 12) have higher
maximum correlation values 201 than audio signals which
had been submitted to encoding schemes that do not involve
any parametric frequency extension encoding (codecs Nr. 9to
11 and Nr. 13) (see reference numeral 202). This is also shown
in the probability density functions 211 (for SBR/SPX based
codecs Nr. 1 to 8, and Nr. 12) and 212 (for non SBR/SPX
based codecs Nr. 9 to 11 and Nr. 13) in diagram 210. Similar
results are obtained for the phase-only analysis illustrated in
FIG. 2¢-2d (diagram 220 illustrates the maximum correlation
values 221 and 222; diagram 230 illustrates the probability
density functions 231, 232 for SBR/SPX and non SBR based
codecs).

The robustness of the correlation based analysis method
may be improved by various measures, such as the selection
of an appropriate analysis filter bank. LLeakage from (modi-
fied) adjacent QMF bands may change the original low fre-
quency band phase characteristics. This may have an impact
on the degree of correlation which may be determined
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between the phases of different QMF bands. As such, it may
be beneficial to select an analysis filter bank which provides
for a sharp frequency separation. The frequency separation of
the analysis filter bank may be sharpened by designing the
modulated analysis filter banks using prototype filters with an
increased length. In an example, a prototype filter with 1280
samples length (compared to 640 samples length of the filter
used for the results of FIGS. 2a-2d) has been designed and
implemented. The frequency response of the longer prototype
filter 302 and the frequency response of the original prototype
filter 301 are shown in FIG. 3. The increased stop band
attenuation of the new filter 302 is clearly visible.

FIGS. 4a and 4b illustrate the self-similarity matrices 400
and 410 which have been determined based on phase-only
data of the QMF subbands. For the matrix 400 the shorter
filter 301 has been used, whereas for the matrix 410 the longer
filter 302 has been used. A first frequency patch 401 is indi-
cated by the diagonal line starting at QMF band 3 (x-axis) and
covers target QMF bands from band index 20 to 35 (y-axis).
For the higher selective filter used for matrix 410, a second
frequency patch 412 becomes visible starting at QMF band
Nr. 8. This second frequency patch 412 is not identified in
matrix 400 derived using the original filter 301.

Itshould be noted that the presence of the second patch 412
can be deduced from the diagonal line 403 starting at QMF
band 25 on the x-axis. However, since the band 25 is a target
QMF band of the first patch, the diagonal line 403 indicates
the inter-patch similarity for QMF source bands that are
employed in both patches. It should be further noted that
QMF source band regions may overlap, but target QMF band
regions may not. This means that QMF source bands may be
patched to a plurality of target QMF bands, however, typically
every target QMF band has a unique conesponding QMF
source band. It can also be observed that by using highly
separating analysis filter banks 302, the similarity indicating
lines 401, 412 of FIG. 4b have an increased contrast and an
increased sharpness compared to the similarity indicating line
401 in FIG. 4a (which has been determined using a less
selective analysis filter bank 301).

Thehighly selective prototype filter 302 has been evaluated
for phase-only data and complex data based analysis as
shown in FIGS. 5a and 55. The complex data based maximum
correlation values 500 are similar to the correlation values
200 determined using the less selective original filter 301 (see
FIG. 2a). However, the phase-only based maximum correla-
tion values 501 are clearly separated into two clusters 502 and
503, cluster 502 indicating audio signals which have been
encoded with frequency extension and cluster 503 indicating
audio signals which have been encoded without frequency
extension. In addition, the use of Low Power SBR decoding
(coding conditions 2, 4) can be distinguished from the use of
High Quality SBR decoding (coding conditions 1, 3, 5). This
is at least the case when no subsequent re-encoding is per-
formed (as in coding conditions 6, 7, 8).

The probability density functions 600 and 610 conespond-
ing to the maximum correlation values determined based on
complex data and based on phase-only data are illustrated in
FIGS. 6a and 64, respectively. Furthermore, FIG. 6c shows an
excerpt 620 of FIG. 65 in order to illustrate the possible
detection of HQ SBR decoding (reference numeral 621) and
LQ SBR decoding (reference numeral 622). It can be seen
that when using complex data, the probability density func-
tion 602 for coding schemes without frequency extension
overlaps partly with the probability density function 601 for
coding schemes with frequency extension. On the other hand,
when using phase-only data, the probability density functions
612 (coding schemes without frequency extension) and 611
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(coding schemes with frequency extension) do not overlap,
thereby enabling a robust detection scheme for SBR/SPX
encoding. Furthermore, it can be seen from FIG. 6c¢, that the
phase-only analysis method enables the distinction between
particular coding modes. In particular, the phase-only analy-
sis method enables the distinction between LP decoding (ref-
erence numeral 622) and HQ decoding (reference numeral
621).

As such, the use of highly selective analysis filter banks
may improve the robustness of the similarity matrix based
frequency extension detection schemes. Alternatively or in
addition, line enhancement schemes may be applied in order
to more clearly isolate the diagonal structures (i.e. the indi-
cators for frequency patches) within the similarity matrix. An
example line enhancement scheme may apply an enhance-
ment matrix h to the similarity matrix C, e.g.

wherein a line enhanced similarity matrix may be deter-
mined by convolving the enhancement matrix h to the simi-
larity matrix C. The maximum value of the line enhanced
similarity matrix may be taken as an indicator of the presence
of frequency extension within the audio signal.
The self-similarity matrices comprising the cross-correla-
tion coefficients between subbands may be used to determine
frequency extension parameters, i.e. parameters that were
used for the frequency extension when encoding the audio
signal. The extraction of particular frequency patching
parameters may be based on line detection schemes in the
self-similarity matrix. In particular, the lowbands which have
been patched to highbands may be determined. This corre-
spondence information may be useful for re-encoding, as the
same or a similar correspondence between lowbands and
highbands could be used.
Considering the self-similarity matrix (e.g. matrix 410) as
a grey level image, any line detection method (e.g., edge
detection followed by Hough Transforms) known from image
processing may be applied. For illustrative purposes, an
example method has been implemented for evaluation as
shown in FIG. 7.
In order to design an appropriate line detection scheme,
codec specific information could be used in order to make the
analysis method more robust. For instance, it may be assumed
that lower frequency bands are used to patch higher frequency
bands and not vice versa. Furthermore, it may be assumed that
a patched QMF band may originate from only one source
band (i.e. it may be assumed that patches do not overlap). On
the other hand, the same QMF source band may be used in a
plurality of patches. This may lead to increased correlation
between patched highbands (as e.g. the diagonal 403 in FIG.
4b). Therefore, the method should be configured to distin-
guish between actual patches and inter-patch similarities. As
a further assumption, it may be assumed that for standard
dual-rate (non-oversampled) SBR, the QMF source bands are
in the range of subband indexes 1-32.
Using some or all of the above assumptions, an example
line detection scheme may apply any of the following steps:
compute the phase-only based self-similarity matrix 410 in
the QMF-domain (e.g. using a highly selective filter
302);

tilt the similarity matrix 410 so that every line parallel to the
main diagonal is represented by a vertical line; as a
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result, the x-axis corresponds to the frequency shift (as a
number of subbands) which is applied to the source
QMF bands (y axis) in order to determine the corre-
sponding target QMF band;

remove lines indicating patch-to-patch similarity; this may

be achieved by applying knowledge with regards to the
range of the source bands;

remove lines outside the audio bandwidth; this may be

achieved by determining the bandwidth of the audio
signal, e.g. using power spectrum analysis;

remove the main diagonal (i.e. the auto-correlations); after

tilting of the similarity matrix 410, the main diagonal
corresponds to the vertical line at x=0, i.e. at no fre-
quency shift;

detect one or more local maxima in the horizontal direction

and set all the other correlation values within the tilted
matrix to zero;

set all the correlation values to zero which are below an

(adaptive) threshold value;

detect vertical lines (i.e. line with correlation values greater

than the threshold and longer than one band).

FIG. 7 illustrates skewed similarity matrices prior to line
processing (reference numeral 700) and after line processing
(reference numeral 710), respectively. It can be seen that the
blurred vertical patch lines 701 and 702 may be clearly iso-
lated using the above scheme, thereby yielding patch lines
711 and 712, respectively.

Using the above approach (or similar line detection
schemes) patch detection may be performed. In particular, the
above approach has been evaluated for HE-AAC coding (cod-
ing conditions 1-8) listed in Table 1. The detection perfor-
mance may be determined as a percentage of audio files for
which all patch parameters have been identified correctly. It
has been observed that phase-only data based analysis yields
significantly better detection results for non-re-encoded HE-
AAC (coding conditions 1-5) than complex data based analy-
sis. For these coding conditions, the patching parameters
(notably the mapping between source and target bands) can
be determined with a high degree of reliability. As such, the
estimated patching parameters may be used when re-encod-
ing the audio signal, thereby avoiding or reducing further
signal degradation due to the re-encoding process.

The patch parameter detection rate decreases for LP-SBR
decoded signals compared to HQ-SBR decoded signals. For
AAC re-encoded signals (coding conditions 6-8), the detec-
tion rates decrease significantly for both methods (phase-only
data based and complex data based) to a low level. This has
been analyzed in further detail. For condition 6 the similarity
matrix 800 is shown in FIG. 8. It can be seen that the first
patch 801 is rather prominent and can be identified correctly
by the above described line detection scheme. On the other
hand, the second patch 802 is less prominent. For the second
patch 802 the source and target QMF bands have been
detected correctly, but the number of QMF bands determined
by the line detection scheme was too small. As can be seen in
FIG. 8, this may be due to a decreasing correlation towards
higher bands. Such fading lines may not be detected well by
the threshold based algorithm outlined above. However,
adaptive threshold line detection methods, e.g. the method
described in Noboyuki Ostu, “A Threshold Selection Method
from Gray-Level Histograms”, IEEE Transactions on Sys-
tems, Man and Cybernetics, Vol. SMC-9, No. 1, January
1979, pages 62-66 (which used to convert a grey image to
binary image), may be used to increase the robustness of the
patch parameter determination scheme. The above document
is incorporated by reference.
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As has already been indicated above, the methods
described in the present document may be applied to various
frequency extension schemes including SPX encoding. As
such, a similarity matrix may be determined based on an
analysis filter bank resolution which does not necessarily
correspond to the filter bank resolution used within the fre-
quency band scheme which has been applied to the audio
signal. This is illustrated in FIG. 9. An example similarity
matrix 900 has been determined based on a 64 band complex
QMF analysis of an audio signal which had been submitted to
DD+ coding. The frequency patch 901 is clearly visible.
However the patch start and end points are not easily detected.
This may be due to the fact that the SPX scheme used in DD+
employs a filter bank having a finer resolution than the 64
band QMF used for determining the similarity matrix 900.
More accurate results may be achieved using a filter bank
with more channels, e.g. a 256 band QMF bank (which would
be in accordance to the 256 coefficient MDCT used in
DD/DD+). In other words, more accurate results may be
achieved when using a number of channels which corre-
sponds to the number of channels of the frequency extension
coding scheme.

Overall it may be stated that the more accurate analysis
results (both with respect to the actual detection of frequency
extension coding, and with respect to the determination of
patch parameters) may be achieved when using analysis filter
banks with increased frequency resolution, e.g. a frequency
resolution which is equal or higher than the frequency reso-
Iution of the filter bank used for frequency extension coding.

As pointed above, DD+ coding uses a different frequency
resolution for frequency extension than HE-AAC. It has been
indicated that when using a frequency resolution for the fre-
quency extension detection which differs from the frequency
resolution which had actually been used for the frequency
extension, the patch borders, i.e. the lowest and/or highest
bands of a patch may be blurred. This information may be
used to determine information about the coding system which
was applied on the audio signal. In other words, by evaluating
the frequency patch borders, the coding scheme may be deter-
mined. By way of example, if the patch borders do not fall
exactly on the 64 QMF band grid used for determining the
similarity matrix, it may be concluded that the coding scheme
is not HE-AAC.

It may further be desirable to provide measures for detect-
ing the use of Parametric Stereo (PS) encoding in HE-AACv2
and the use of Coupling in DD/DD+. PS is only relevant for
stereo content, while Coupling is applied in stereo and multi-
channel audio. In the case of both tools, only data according
to a single channel is transmitted within the bitstream along
with a small amount of side information which is used in the
decoder in order to generate the other channels (i.e. the sec-
ond stereo channel or the multi-channels) from the transmit-
ted channel. While PS is active over the whole audio band-
width, Coupling is only applied at higher frequencies.
Coupling is related to the concept of Intensity Stereo (IS)
coding and can be detected from inter-channel correlation
analysis or by comparing the phase information in the left and
right channels. PS maintains the inter channel correlation
characteristics of the original signal by means of a decorre-
lation scheme, therefore the phase relation between the left
and right channels in PS is complex. However, PS decorrela-
tion leaves a characteristic fingerprint in the average inter-
channel phase difference as shown in FIG. 10qa. This charac-
teristic fingerprint can be detected.

An example method for detecting the use of PS encoding
may apply any of the following steps:
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perform a complex 64 band QMF analysis of both channels
of the (decoded) audio signal;

compute left to right phase angle difference for every QMF
bin; in other words, the phase of the complex samples
within a QMF bin are evaluated; in particular, the differ-
ence of the phase of corresponding samples in the right
and left channel is determined;

determine average phase angle differences over all QMF
frames; example average phase angle differences 1000
for differently encoded signals are illustrated in FIG.
10a;

PS exhibits a characteristic periodic structure 1001 at high
frequencies; this characteristic structure can be detected
e.g. by peak filtering and energy computation.

An example method for detecting the use of coupling (in
the case of stereo content) may apply any of the following
steps:

perform a complex 64 band QMF analysis of both channels
of the (decoded) audio signal;

compute left to right phase angle differences for every
QMF bin;

per QMF bin, compute the number of samples with low
phase angle difference, i.e. with a phase angle difference
which is below a predetermined threshold (typically
phase angle difference<n/100) for every QMF band;
example fractions/percentages 1010 of subband
samples with low phase angle difference 1010 for dif-
ferently encoded signals are illustrated in FIG. 105;

a significant increase along QMF bands as shown by graph
1011 in FIG. 105 may indicate the use of coupling.

As has been outlined above, a spectral bandwidth replica-
tion method generates high frequency coefficients based on
information in the low frequency coefficients. This implies
that the bandwidth replication method introduces a specific
relationship or correlation between low and high frequency
coefficients. In the following, a further approach for detecting
that a (decoded) audio signal has been submitted to spectral
bandwidth replication is described. In this approach, a proba-
bilistic model is built that captures the specific relationship
between low- and high-frequency coefficients.

In order to capture the relationship between low- and high-
frequency coefficients, a training dataset comprising N spec-
tral lowband vectors {x;, X, . . . X5} may be created. The
lowband vectors {X,, X, . . . X, are spectral vectors which
may be computed from audio signals which have a predeter-
mined maximum frequency F, ..., (6.g. 8 kHz). That is, {x;,
X, . . . Xp} are spectral vectors computed from audio at a
sampling rate of e.g. 16 kHz. The lowband vectors may be
determined based on the low frequency bands of e.g. HE-
AAC or MPEG SBR encoded audio signals, i.e. of audio
signals which have a frequency extension coding history.

Furthermore, bandwidth extended versions of these N
spectral vectors {X,, X, . . . X, may be determined using a
bandwidth replication method (e.g., MPEG SBR). The band-
width extended versions of the vectors {X,, X, . . . X,;} may be
referred to as {y,, ¥ . . . Yo} The maximum frequency
contentin {y,,y, ...y, | may be a predetermined maximum
frequency F,,, ;. (e.g. 16 kHz). This implies that the frequency
coefficients between F,,,,.., (e.g. 8 kHz) and F . (e.g.
16-kHz) are generated based on {X;, X, . . . Xy}

Given this training data set, a joint density of a set of the
vectors {z,, 2, . .. zy} where z={x,y,} (i.e. a concatenation of



US 9,117,440 B2

21

the narrow band spectral vector and wide band spectral vec-
tor) may be determined as:

M
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with n being the dimensionality of the vectors z,. Q is the
number of components in the Gaussian Mixture Model
(GMM) used to approximate the joint density p(zIA), 1, is the
mean of the i mixture component and C, is the covariance of
the i mixture component in the GMM.

Note that the covariance matrix of z (i.e. C,) can be written
as
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where C,* refers to the covariance matrix of the lowband
spectral vector, C” refers to the covariance matrix of the
wideband spectral vector, and C;* refers to the cross-covari-
ance matrix between lowband and wideband spectral vector.

Similarly, the mean vector of z (i1,) can be written as
]
w=l .

where 1,” is the mean of the lowband spectral vector of the
i mixture component and p.” is the mean of the wideband
spectral vector of the i mixture component.

Based on the joint density, i.e. based on the determined
mean vectors 1, and covariance matrices C; a function F(x)
may be defined that maps the lowband spectral vectors (x,) to
wideband spectral vectors (y,). In the present example, F(x) is
chosen such that it minimizes the mean squared error between
the original wideband spectral vector and the reconstructed
spectral vector. Under this assumption, F(x) may be deter-
mined as

0 @
F@ =Ely| 3= ) k@l +CCF =)l
i=1

Here E[ylx] refers to the conditional expectation of y given
the observed lowband spectral vector x. The term h,(x) refers
to the probability that the observed lowband spectral vector x
is generated from the i mixture component of the estimated
GMM (see equation (1)).
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The term h,(x) can be computed as follows

1
-5t — ) )|
hi(x) =

oz;
— > €.
@r)2|CF M2
0

@i 1 T -1 x
(27r)”/2|C§X|1/26Xp _z(x_/“j) J (x_/"j)
=1

Using the above described statistical model, an SBR detec-
tion scheme may be described as follows. Based on equations
(1) and (2) the relationship between low and high frequency
components may be captured using a training data set com-
prising lowband spectral vectors and their corresponding
wideband spectral vectors.

Given a novel wideband spectral vector (u) which is deter-
mined from a novel (decoded) audio signal, the statistical
model may be used to determine whether the high frequency
spectral components of the (decoded) audio signal were gen-
erated based on a bandwidth replication method. The follow-
ing steps may be performed in order to detect whether band-
width replication was performed:

The input wideband spectral vector (u) may be split into
two parts u=[u, u,,], wherein u, corresponds to the lowband
spectral vector, and u,, corresponds to the high frequency part
of the spectrum of the audio signal which may or may not
have been created by a bandwidth replication method.

By using the probabilistic model and in particular by using
equation (2) a wideband vector F(u,) may be estimated based
on u,. The prediction error |ju-F(u,)|| would be small if the
high frequency components were generated according to the
probabilistic model in equation (1). Otherwise, the prediction
error would be large indicating that the high frequency com-
ponents were not generated by a bandwidth replication
method. Consequently, by comparing the prediction error
|lu=F(u,)|| with a suitable error threshold, it may be detected
whether SBR was performed on the input vector “u”, i.e.
whether the (decoded) audio signal had been submitted to
SBR processing.

It should be noted that the above statistical model may
alternatively be determined using the lowband vectors
X1, X, . . . X5} and the corresponding highband vectors {y,,
Y, ... Y}, wherein the highband vectors {y,,y, . ..y} have
been determined from {x;, X, . . . X/} using a bandwidth
replication method (e.g., MPEG SBR). This means that the
vectors {y,, ¥, - . . Yo} only comprise the highband compo-
nents which were generated using the bandwidth replication
method and not the lowband components from which the
highband components are generated. The set of the vectors
{z),2, ... 2y}, where z={x, y }, is determined as a concat-
enation of the low band spectral vector and the high band
spectral vector. By doing this, the dimension of the Gaussian
Mixture Model (GMM) can be reduced, thereby reducing the
overall complexity. It should be noted that the equations
described above are also applicable to the case with
{¥1, ¥» - - . Yo} being the highband vectors.

In the present document, methods and systems for analyz-
ing a (decoded) audio signal have been described. The meth-
ods and systems may be used to determine if the audio signal
had been submitted to a frequency extension based codec,
such as HE-AAC or DD+. Furthermore, the methods and
systems may be used to detect specific parameters which
were used by the frequency extension based codec, such as
corresponding pairs of low frequency subbands and high
frequency subbands, decoding modes (LP or HQ decoding),
the use of parametric stereo encoding, the use of coupling,
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etc. The described method and systems are adapted to deter-
mine the above mentioned information from the (decoded)
audio signal alone, i.e. without any further information
regarding the history of the (decoded) audio signal (e.g. a
PCM audio signal).

The method and system described in the present document
may be implemented as software, firmware and/or hardware.
Certain components may e.g. be implemented as software
running on a digital signal processor or microprocessor. Other
components may e.g. be implemented as hardware and or as
application specific integrated circuits.

The invention claimed is:

1. A method for detecting frequency extension coding in
the coding history of an audio signal, the method comprising

providing a plurality of subband signals in a corresponding

plurality of subbands comprising low and high fre-
quency subbands, the plurality of subband signals gen-
erated using a filter bank comprising a plurality of filters;
wherein the plurality of subband signals corresponds to
a time/frequency domain representation of the audio
signal;

determining a degree of relationship between subband sig-

nals in the low frequency subbands and subband signals
in the high frequency subbands; wherein the degree of
relationship is determined based on the plurality of sub-
band signals;

wherein determining the degree of relationship comprises

determining a set of cross-correlation, wherein the set of
cross-correlation values comprises a subset of elements
ofa K x K similarity matrix, wherein the Kx K similarity
matrix comprises cross-correlation values correspond-
ing to all pairs of subband signals from the plurality of
subband signals;

wherein determining a cross-correlation value comprises

determining an average over time of products of corre-
sponding samples of a first and a second subband signal
at zero time lag; and
determining frequency extension coding history if the degree
of relationship is greater than a relationship threshold.

2. The method of claim 1, wherein the plurality of subband
signals are generated using one of

a complex valued pseudo quadrature mirror filter bank;

a modified discrete cosine transform;

a modified discrete sine transform;

a discrete Fourier transform;

modulated lapped transform;

complex modulated lapped transform; or

a fast Fourier transform.

3. The method of claim 1, wherein each of the plurality of
filters has a roll-off which exceeds a predetermined roll-off
threshold for frequencies lying within a stopband of the
respective filter.

4. The method of claim 1, wherein

the audio signal comprises a plurality of audio channels;

the method comprises downmixing the plurality of audio

channels to determine a downmixed time domain audio
signal; and

the plurality of subband signals is generated from the

downmixed time domain audio signal.

5. The method of claim 1, further comprising determining
a maximum frequency of the audio signal; wherein the plu-
rality of subband signals only comprise frequencies at or
below the maximum frequency.

6. The method of claim 5, wherein determining a maximum
frequency comprises

analyzing a power spectrum of the audio signal in the

frequency domain; and
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determining the maximum frequency such that for all fre-
quencies greater than the maximum frequency, the
power spectrum is below a power threshold.

7. The method of claim 1, wherein

the plurality of subband signals is a plurality of complex

subband signals comprising a plurality of phase signals
and a corresponding plurality of magnitude signals,
respectively; and

the degree of relationship is determined based on the plu-

rality of phase signals and not based on the plurality of
magnitude signals.

8. The method of claim 1, wherein determining a degree of
relationship comprises determining a group of subband sig-
nals in the high frequency subbands which has been generated
from a group of subband signals in the low frequency sub-
bands.

9. The method of claim 1, wherein

the plurality of subband signals comprises K subband sig-

nals; and

the set of cross-correlation values comprises (K-1)! Cross-

correlation values corresponding to all combinations of
different subband signals from the plurality of subband
signals.

10. The method of claim 1, wherein determining frequency
extension coding history comprises determining that at least
one maximum cross-correlation value from the set of cross-
correlation values exceeds the relationship threshold.

11. The method of claim 1, further comprising

determining that a maximum cross-correlation value from

the set of cross-correlation values is either below or
above a decoding mode threshold, thereby detecting a
decoding mode of a frequency extension coding scheme
applied to the audio signal.

12. The method of claim 1, wherein the audio signal is a
multi-channel signal comprising a first and a second channel,
and wherein the method further comprises

transforming the first and the second channel into the fre-

quency domain, thereby generating a plurality of first
subband signals and a plurality of second subband sig-
nals; wherein the first and second subband signals are
complex-valued and comprise first and second phase
signals, respectively; and

determining a plurality of phase difference subband signals

as the difference of corresponding first and second sub-
band signals.

13. The method of claim 12, further comprising

determining a plurality of phase difference values, wherein

each phase difference value is determined as an average
over time of samples of the corresponding phase differ-
ence subband signal; and

detecting a periodic structure within the plurality of phase

difference values, thereby detecting parametric stereo
encoding in the coding history of the audio signal.

14. The method of claim 13, wherein the periodic structure
comprises an oscillation of phase difference values of adja-
cent subbands between positive and negative phase difference
values; wherein a magnitude of the oscillating phase differ-
ence values exceeds an oscillation threshold.

15. The method of claim 12, further comprising

for each phase difference subband signal, determining a

fraction of samples having a phase difference smaller
than a phase difference threshold;

detecting that the fraction exceeds a fraction threshold for

subband signals in the high frequency subbands, thereby
detecting a coupling of the first and second channel in
the coding history of the audio signal.
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16. A non-transitory medium that is readable by a device
and that records a program of instructions executable by the
device to perform a method for detecting frequency extension
coding in the coding history of an audio signal, wherein the
method comprises:

providing a plurality of subband signals in a corresponding

plurality of subbands comprising low and high fre-
quency subbands, the plurality of subband signals gen-
erated using a filterbank comprising a plurality of filters;
wherein the plurality of subband signals corresponds to
a time/frequency domain representation of the audio
signal;

determining a degree of relationship between subband sig-

nals in the low frequency subbands and subband signals
in the high frequency subbands; wherein the degree of
relationship is determined based on the plurality of sub-
band signals;

wherein determining the degree of relationship comprises

determining a set of cross-correlation values, wherein
the set of cross-correlation values comprises a subset of
elements of a K x K similarity matrix, wherein the K x K
similarity matrix comprises cross-correlation values
corresponding to all pairs of subband signals from the
plurality of subband signals;

wherein determining a cross-correlation value comprises

determining an average over time of products of corre-
sponding samples of a first and a second subband signal
at zero time lag; and

determining frequency extension coding history if the

degree of relationship is greater than a relationship
threshold.
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17. An apparatus for detecting frequency extension coding

in the coding history of an audio signal, the apparatus com-
prising one or more processors configured to:

provide a plurality of subband signals in a corresponding
plurality of subbands comprising low and high fre-
quency subbands, the plurality of subband signals gen-
erated using a filterbank comprising a plurality of filters;
wherein the plurality of subband signals corresponds to
a time/frequency domain representation of the audio
signal;

determine a degree of relationship between subband sig-
nals in the low frequency subbands and subband signals
in the high frequency subbands; wherein the degree of
relationship is determined based on the plurality of sub-
band signals;

wherein determining the degree of relationship comprises
determining a set of cross-correlation values, wherein
the set of cross-correlation values comprises a subset of
elements of a K x K similarity matrix, wherein the K x K
similarity matrix comprises cross-correlation values
corresponding to all pairs of subband signals from the
plurality of subband signals;

wherein determining a cross-correlation value comprises
determining an average over time of products of corre-
sponding samples of a first and a second subband signal
at zero time lag; and

determine frequency extension coding history if the degree
of relationship is greater than a relationship threshold.
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